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SYSTEM CHARACTERISTIC
IDENTIFICATION SYSTEMS AND METHODS

CROSS-REFERENCE TO RELATED
APPLICATIONS

This application claims the benefit of U.S. Provisional
Application No. 62/102,189, filed on Jan. 12, 2015. The entire
disclosure of the application referenced above is incorporated
herein by reference.

FIELD

The present disclosure relates to systems and methods for
identifying characteristics of systems and more particularly
relates to systems and methods for pre-distorting inputs for
non-linear power amplifiers.

BACKGROUND

The background description provided here is for the pur-
pose of generally presenting the context of the disclosure.
Work of the presently named inventors, to the extent it is
described in this background section, as well as aspects of the
description that may not otherwise qualify as prior art at the
time of filing, are neither expressly nor impliedly admitted as
prior art against the present disclosure.

Analog-to-digital converters (ADCs) convert samples of
an analog input signal into digital values corresponding to the
samples. Various types of ADCs are available, such as suc-
cessive-approximation-register (SAR) ADCs, Delta-Sigma
(AX) ADCs, and pipelined ADCs. ADCs may be used in
various electronic devices, such as finite impulse resolution
(FIR) digital to analog converters (DACs) and many other
types of electronic devices.

Digital-to-analog converters (DAC) convert digital inputs
into analog outputs. DACs are also used in various types of
electronic devices. For example, a DAC may be used in the
transmit portion of a wireless transceiver and other types of
electronic devices.

SUMMARY

In a feature, a characteristic identification system is
described. A digital to analog converter (DAC) samples a first
digital signal at a first predetermined rate to produce first
digital values and that outputs a first analog signal corre-
sponding to the first digital values to a system of one or more
components that is to be characterized. A mixer receives a
second analog signal output by the system in response to the
first analog signal and mixes the second analog signal with a
periodic signal to produce a mixed signal. An integrator inte-
grates the mixed signal during successive predetermined peri-
ods and generates an integrator signal based on the integra-
tion. An analog to digital converter (ADC) samples the
integrator signal at a second predetermined rate correspond-
ing to the predetermined periods and converts the samples
into second digital values. The second predetermined rate is
less than the first predetermined rate. A correction module
determines corrections for the integrator and the DAC and
generates third digital values based on the first digital values
and the corrections, respectively. A correction determination
module pairs ones of the third digital values with ones of the
second digital values, respectively, and determines coeffi-
cients for the system based on the pairs. A pre-distortion
module pre-distorts a second digital signal based on the coef-
ficients for the system to produce the first digital signal.
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In further features, the mixer multiplies the second analog
signal with the periodic signal to produce the mixed signal.

In further features, the correction determination module
determines the coefficients for the system based on the pairs
using least squares (L.S).

In further features, a signal generator module selectively
varies a frequency of the periodic signal.

In further features, the signal generator module varies the
frequency of the periodic signal within each of the predeter-
mined periods.

In further features, the signal generator module varies the
frequency of the periodic signal randomly.

In further features, the signal generator module varies the
frequency of the periodic signal based on the first digital
values.

In further features, the system includes a non-linear power
amplifier.

In further features, a wireless transmitter includes the char-
acteristic identification system of claim 1, and the system
includes a non-linear power amplifier. The wireless transmit-
ter also includes the non-linear power amplifier and an
antenna. The non-linear power amplifier amplifies the first
analog signal to produce a third analog signal and applies the
third analog signal to the antenna.

In further features, the correction module determines the
corrections for the integrator and the DAC based on charac-
teristics of the periodic signal, respectively.

In a feature, a method of characterizing a system of one or
more components is described. The method includes: using a
digital to analog converter (DAC), sampling a first digital
signal at a first predetermined rate to produce first digital
values and outputting a first analog signal corresponding to
the first digital values to the system of one or more compo-
nents that is to be characterized; using a mixer, receiving a
second analog signal output by the system in response to the
first analog signal and mixing the second analog signal with a
periodic signal to produce a mixed signal; integrating the
mixed signal during successive predetermined periods and
generating generates an integrator signal based on the inte-
grating; using an analog to digital converter (ADC), sampling
the integrator signal at a second predetermined rate corre-
sponding to the predetermined periods and converting the
samples into second digital values; determining corrections
for the integrator and the DAC; generating third digital values
based on the first digital values and the corrections, respec-
tively; pairing ones of the third digital values with ones of the
second digital values, respectively; determining coefficients
for the system based on the pairs; and pre-distorting a second
digital signal based on the coefficients for the system to
produce the first digital signal. The second predetermined rate
is less than the first predetermined rate.

In further features, the mixing includes multiplying the
second analog signal with the periodic signal to produce the
mixed signal.

In further features, determining the coefficients includes
determining the coefficients for the system based on the pairs
using least squares (L.S).

In further features, the method further includes selectively
varying a frequency of the periodic signal.

In further features, the method further includes varying the
frequency of the periodic signal within each of the predeter-
mined periods.

In further features, the method further includes varying the
frequency of the periodic signal randomly.

In further features, the method further includes varying the
frequency of the periodic signal based on the first digital
values.
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In further features, the system includes a non-linear power
amplifier.

In further features, the system includes a non-linear power
amplifier that amplifies the first analog signal to produce a
third analog signal and applies the third analog signal to an
antenna of a wireless transceiver.

In further features, the method further includes determin-
ing the corrections for the integrator and the DAC based on
characteristics of the periodic signal, respectively.

Further areas of applicability of the present disclosure will
become apparent from the detailed description, the claims
and the drawings. The detailed description and specific
examples are intended for purposes of illustration only and
are not intended to limit the scope of the disclosure.

BRIEF DESCRIPTION OF THE DRAWINGS

The present disclosure will become more fully understood
from the detailed description and the accompanying draw-
ings, wherein:

FIG. 1 is a functional block diagram of an example portion
of a wireless transceiver;,

FIGS. 2-3 are functional block diagrams of example char-
acteristic identification systems;

FIG. 4A is an example graph of a number of guard samples
used to achieve a predetermined accuracy when using the sinc
kernel,

FIG. 4B is an example graph of an average number of
measurements used to achieve a predetermined accuracy; and

FIG. 5 is a flowchart depicting an example method of
determining characteristics for an unknown system.

In the drawings, reference numbers may be reused to iden-
tify similar and/or identical elements.

DETAILED DESCRIPTION

FIG. 1 includes a functional block diagram of an example
transmit portion of a wireless transceiver 100. A pre-distor-
tion module 104 receives a digital signal that is to be wire-
lessly transmitted by one or more transmit antennas, such as
transmit antenna 108. The pre-distortion module 104 distorts
the digital signal to produce a pre-distorted signal.

A digital to analog converter (DAC) 112 converts the (digi-
tal) pre-distorted signal into an analog signal and outputs the
analog signal to a power amplifier 116. The power amplifier
116 amplifies the analog signal and applies the amplified
analog signal to the transmit antenna 108 to perform wireless
communication. For example only, the wireless communica-
tion may be according to an IEEE 802.11 communication
standard or another wireless communication standard.

A coefficient determination module 120 determines one or
more coefficients for use by the pre-distortion module 104
based on pairs of: digital inputs; and the respective amplified
analog signals generated by the power amplifier 116 based on
those digital inputs. The pre-distortion module 104 distorts
the digital signal based on the coefficient(s) to produce the
pre-distorted signal.

FIG. 2 is a functional block diagram of a characteristic
identification system. A digital input signal x(n) is input to a
DAC 204. The DAC 204 samples the digital input signal at a
predetermined sampling rate (f;), converts the samples to an
analog signal x(t), and outputs the analog signal to an
unknown system 208, such as a non-linear, frequency depen-
dent power amplifier (e.g., the power amplifier 116 of the
wireless transceiver) and/or one or more other components.
The digital input signal is also processed at the predetermined
sampling rate (f) by a coefficient determination module 212.

10

15

20

25

30

35

40

45

50

55

60

65

4

The predetermined sampling rate (f5) indicates sampling is
performed every predetermined period (T) and corresponds
to the Nyquist rate (f5) of the system. Unknown systems may
include systems for which coefficients representing charac-
teristics of the systems are unknown.

The unknown system 208 outputs an analog signal y(t) to
an ADC 216. The ADC 216 samples the analog signal y(t) at
the predetermined sampling rate (f5) and converts the samples
into digital values y(n). The coefficient determination module
212 pairs the samples of the digital input signal x(n) with the
resulting digital samples y(n) output by the ADC 216.

Generally, the unknown system 208 can be described by a
Volterra series. For purposes of simplicity, the reminder uses
memory polynomial, a truncated version of the Volterra
Series:

P 0 Eq 1
Ml =37 cpfpiln—ql)

p=1g=0

where 1,(+) describes a non-linear, non-frequency dependent,
memory less mapping (e.g., ,(x)=x*), and c,,, represents
coefficients representing characteristics of the unknown sys-
tem 208. P is a maximum non-linearity order, and Q is a
memory depth. The coefficient determination module 212
determines c,,, coefficients for the unknown system 208 based
on N pairs of the samples of: the digital input signal x(n); and
the resulting digital samples y(n). N is an integer greater than
P*(Q+1). As N increases, the accuracy of the c,,,, coefficients
increases, but a time necessary to determine the c,,, coeffi-
cients also increases.

A pre-distortion module 220 pre-distorts a digital input
signal based on the ¢, coefficients to produce the digital input
signal x(n). The pre-distortion module 220 may set the digital
input signal x(n) to the digital input signal while the N dif-
ferent pairs of the samples are collected.

This approach, however, requires that the predetermined
sampling rate be relatively high (to ensure that the N pairs can
be obtained and the coefficients can be determined within a
predetermined period). The input bandwidth of the ADC 216
also needs to be relatively high. As such, the ADC 216 may be
costly. In the case of non-linear systems, the cost may be even
greater since the output bandwidth needs to be larger by the
order of the non-linearity. Aliasing may be used to reduce the
sampling rate of the ADC 216 in various implementations.

Referring now to FIG. 3, a functional block diagram of a
characteristic identification system is presented. As in FIG. 2,
a digital input signal x(n) is input to the DAC 204. The DAC
204 samples the digital input signal at the predetermined
sampling rate (f;), converts the samples to an analog signal
x(t), and outputs the analog signal to the unknown system
208, such as a non-linear, frequency dependent power ampli-
fier (e.g., the power amplifier 116 of the wireless transceiver).
In various implementations, the analog signal may be upcon-
verted before being input to the unknown system 208.

The unknown system 208 outputs the analog signal y(t) to
a mixer 304. The mixer 304 mixes the output y(t) of the
unknown system 208 with a time-varying periodic signal to
produce a mixed signal. The mixer 304 may, for example,
multiply the output y(t) of the unknown system 208 with a
time-varying periodic signal to produce the mixed signal. As
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illustrated in FIG. 3, time-varying periodic signal may be a
complex exponential wave expressed as:

2r
exp( %kt],

where exp represents the exponential function, To is an obser-
vation period and corresponds to a second predetermined
sampling rate f, (f,=1/To=fs/N,), t indicates time, and k is a
value that changes each observation period (To). While the
example of an exponential signal is provided, the time-vary-
ing periodic signal that is mixed with the output y(t) of the
unknown system 208 may be another suitable type of time-
varying periodic or non-periodic signal. For example, a sine
wave, a cosine wave, a square wave, or another suitable type
of'periodic or non-periodic signal may be used. For simplicity
of explanation, however, examples described herein are in
terms of periodic signals of the frequency k. The second
predetermined sampling rate (f;) is less than the predeter-
mined sampling rate fs.

A signal generator module 306 generates the time-varying
periodic signal input to the mixer 304. The signal generator
module 306 also determines the k value for each observation
period. The signal generator module 306 may determine the k
value randomly for each observation period or, for example,
based on the samples of the digital input signal taken by the
DAC 204 to increase estimation performance.

The time-varying periodic signal can be represented as

.2
— ekt
e ’To,

where the signal generator module 306 sets k to a different
value for each observation period T, thereby increasing esti-
mation performance. Using a different k maximizes the prob-
ability of obtaining independent measurements. k can be
determined using optimization algorithms using the known
x[n], using heuristics based on inverse sampling of a prob-
ability density distribution, and/or in another suitable manner.

An integrator 308 integrates the mixed signal during each
observation period (To). The integrator 308 produces an inte-
gration signal based on the integration of the mixed signal.
The integration signal can be represented as:

n(To)
i) = f m(n)dr,
(n-DTo

where i(t) is the integration signal at a given time and m(t)
represents the mixed signal at the time. The integrator 308
compresses the information obtained within each observation
period to a single piece of information. The input bandwidth
requirements for ADC 312 are therefore decreased. The cost
of ADCs may increase as input bandwidth increases, and vice
versa.

The ADC 312 samples the integration signal i(t) at the
second predetermined sampling rate (f)) and converts the
samples into digital values y(I). I denotes the observation
window. As the second predetermined sampling rate (f)) is
less than the predetermined sampling rate fs, the ADC 312
may cost less than the ADC 216.

A coefficient determination module 316 pairs the samples
of the digital input signal x(n) with the respective resulting
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digital samples y(I) output by the ADC 312. The coefficient
determination module 316 determines the ¢, , coefficients for
the unknown system 208 based on M pairs of the samples. M
is an integer greater than P*(Q+1). As M increases, the accu-
racy of the ¢, coeflicients increases, but a time necessary to
determine the c,, coefficients also increases. The coefficient
determination module 316 may determine the c,, coeffi-
cients, for example, using least squares (L.S) based on the
pairs.

A pre-distortion module 320 pre-distorts a digital input
signal based on the ¢, coefficients to produce the digital input
signal x(n). The pre-distortion module 320 outputs the digital
input signal x(n) to the DAC 204. The pre-distortion module
320 may set the digital input signal x(n) to the digital input
signal while the M pairs of the samples are collected.

The approach employed with the example of FIG. 3 can be
viewed as obtaining one Fourier coefficient per observation
period (To). By selecting the Fourier coefficients (i.e., the
frequency of the sinusoids) in a specific way (e.g., randomly,
and non-linearly), the information content of the measure-
ment pairs can be best maximized for the determination ofthe
c,,, coeflicients. Making the pairs as different as possible from
previous pairs may increase accuracy of the determined c,,,
coefficients. The randomness may make the pairs as different
as possible and may be provided by setting the values of k
randomly for each observation period (To).

The determination of the ¢, coefficients fora power ampli-
fier having 7-th order non-linearity will be discussed as an
example assuming an input signal of 20 megahertz (MHz)
bandwidth. In the example of FIG. 2, the predetermined sam-
pling rate used by the ADC 216 would have to be approxi-
mately 150 MHz for proper sampling. Assuming that at least
3000 pairs of samples (i.e., N=3000) are used to achieve a
certain accuracy of the c,,, coefficients, the c,, coefficients
would be determined after approximately 20 microseconds.

Inthe example of FIG. 3, a sub-Nyquist factor of 100 could
be used, which means that the second predetermined sam-
pling rate could be 1.5 MHz. With the use of the integrator
308, a lesser number of samples may be used. For example, if
100 samples provide the same accuracy in the ¢, coefficients,
the c,,,, coefficients would be determined after approximately
66.67 microseconds. If the same number of pairs of samples
were used (i.e., M=N), the example of FIG. 3 would require
more time to determine the c,,, coefficients.

In various implementations, multiple branches for the
mixer, the integrator, and the ADC, for example, similar to a
direct conversion 1/Q receiver, may be implemented to
decrease the time necessary to determine the c,,,, coefficients.
More specifically, multiple branches (including the mixer,
integrator, and ADC) may be implemented to obtain multiple
measurements during each observation period To.

Consider signals having the period T, of the form:

x(H)=%, ooE(F(,chf\)(l—lq—n To)-

‘=—co

Despite the high bandwidth due to the Diracs, the signal can
be described by 2(Q+1) degrees of freedom. Therefore, the
signal can be sampled at a rate proportional to 2(Q+1)/T,,
which is independent of the Nyquist rate. If the time delays t,,
are known, the model is linear in its unknown parameters c,.
Therefore, a number of measurements related to the number
of unknowns suffice to solve for the unknown parameters c,,
via least squares (LS). The impulse response of a linear sys-
tem can be interpreted to have the form:
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Eq 1

Q
() = Z chli—1p), 15 ~qTs
4=0

which can also be extended to the general memory polyno-
mial model (Eq 1) or the full Volterra series.

Here, however, the interest is not to reconstruct the output
signal y[l] but to estimate the system parameters (the c,,
coefficients) which are linear for any set of input/output mea-
surements. This is independent of the Nyquist rate. To solve
the unknown system 208 via least squares, the system may be
well conditioned. This condition may be satisfied when
enough samples are taken at the Nyquist rate.

On the other hand, much fewer measurements can suffice
to provide a lesser accuracy when the measurement pairs are
as orthogonal as possible (i.e., each new measurement adds
non-redundant information). In time domain, the samples
y[n] and y[n+1] are similar and therefore add redundant infor-
mation.

Equation 1 (Eq 1) could be transformed to frequency
domain and re-written as:

P 0 Eq 2
V(@)= 30 Y epgFp(X (@)e i

p=14g=0

where

for the case of a periodic input signal. A number of Y(w) and
X(w) pairs proportional to P(Q+1) (degrees of freedom)
could be used to find the ¢,,,, coefficients. Doing this randomly
across k (or according to some probability distribution func-
tions) gives good results and can require about one order of
magnitude or less measurements to achieve a certain accu-
racy. The set of Y(w) is obtained via analog mixing and
integration according to FIG. 3. X(w) is known since x(n) is
known. F (X(w)) is calculated by performing a discrete-time
sum over the samples as will be described later.

When the input signal is strictly periodic with T,=N,T,, the
Fourier series coefficients obtained in analog domain match
those obtained in digital domain (DFT coefficients of the
corresponding digital signal):

Eq 3

P Q o
—igkq
Y Ng = CpgXplkle 0

p=l g=0

where Y, denotes the k-th continuous time Fourier series
coefficient and X, [k] denotes the Discrete Fourier Transform
(DFT) of f,(x[n]). With a sufficient oversampling ratio, the
sum approximates the analog integration for both periodic
and non-periodic signals sufficiently in the Riemann sense. A
correction for the memory terms may be used to match cyclic
convolution with linear convolution. This is because for low
bandwidth (compared to the Nyquist rate) the difference
between individual samples is low and the interpolation ker-
nel can be suitably localized.
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For arbitrary input signals, the interpolation kernel smears
out information between samples (in the case of

the kernel is sinc(t) and extends to infinity). In this case,
another correction can be applied which will be called con-
tinuous-time integration discrete-time Fourier transform (CI-
DFT), which can be defined as:

No+Ng
X[k =

n=-Ng

Eq 4

o
x[nle "No Ik, n)

which s similar as the DFT with the difference that it includes
guard samples N, in the summation as well as a correction
factor I,(k,n) for the DAC 204 and the integrator 308. The
correction factor accounts for the difference between con-
tinuous-time integration and discrete-time summation and
has the general form:

No—n o Eq 5
Io(k, n):f goe "M ' ar 4

where g,(t) denotes the normalized interpolation kernel. The
values of 1, for different k values can be found analytically for
different interpolation kernels or practical DAC responses
(e.g., employing Zero-Order-Hold, followed by a reconstruc-
tion filter) during development. N, can be from around 5 to
20, depending on the properties of the reconstruction filter
(and hence, image rejection of the DAC). The values of 1,
determined during development can be used to correct the
samples of the digital input x(n) that are used by the coeffi-
cient determination module 316 to determine the c,,, coeffi-
cients.

In other words, for the purposes of the determination of the
¢, coefficients, the effect of the DAC 204 and the integrator
308 on the output samples y(I) should be accounted for. A
correction module 324 corrects the input samples x(n) based
on their effects. For each input sample, the correction module
324 determines a correction value (Io) based on the k value
used during that sample’s observation period (To). The cor-
rection module 324 may determine the correction value for an
input sample, for example, using one of a function and a
mapping that relates k values to correction values (Io).

The correction module 324 adjusts (e.g., increases,
decreases) the input samples based on the samples’ correction
values, respectively, and inputs corrected input samples (cor-
rected x(n)) to the coefficient determination module 316. The
corrected input samples are paired with the respective output
samples (y(I)), and M pairs of: corrected input samples; and
the respective output samples are used to determine the c,,,
coefficients. Once determined, as described above, the ¢
coefficients are used by the pre-distortion module 320 to
apply pre-distortion.

Implementing an ideal integrator may be difficult using
hardware. One artifact is the finite direct current (DC) gain,
which can be described as a first-order system with a pole at
,. w; may be atleast 100-1000 times lower than 27t/T, which
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may limit practicality. Non-idealities can be added to the
model as well so that for a first-order system, and equation 6
(Eq 6) can be modified to:

No-n

Eq 6
10(/(, ﬂ) — ewlnTSf q

.
goe Mo e s gy

While in theory, an arbitrary linear system can be chosen in
place of the integrator, the objective is to pick up information
over the entire temporal range of T, so the system should act
similarly as an integrator. With this correction in place, the
first-order pole of the integrator can be placed as high as

W ::3F.
0

The correction can be a weighted sum and for f,<2nw , the
weights become nearly zero and therefore effectively
decrease the observation period T,.

A sinc interpolated pulse stream, spaced T, apart, is equiva-
lent to its discrete-time samples x[n] due to the Whittaker-
Kotelnikov-Shannon (WKS) theorem:

o Eq7
x() = Z x[n]sine(z /[ Ts — ) !

n=—oo

The memory polynomial of Equation 1 (Eq 1) can therefore
be written in the continuous-time domain as:

P 0 Eq 8
YO = D" cpfplalt=gTy)
p=1g=0
which can be rewritten as:
Eq 9

y() = Z Cqup[ni x[n]sinc([ _TiITS - n)]
P.q =

= Z Cqup[nz x[n — glsine(z/Ts — n)]

=co
P.q

= Z Cpq Z Spxln — gDsine(t/ Ty — n)
P.q e

Here, the second line follows from substitution within an
infinite sum, and the last line follows from the definition of the
WKS theorem.

The operation of the ideal mixer can then be added, fol-
lowed by the analog integration over one interval T

To Y-S Eq 10
fﬂt)e T gy = 4

0
Ty o
3 _j
f Z CWZ Fplxln - q])sinc(T - n)e T gr =
[y ——
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-continued

N To i
Z CWZ Splxln— ‘1])[ SiIlC(Ti - n)e I qr
—4 0 s

P

Substituting

the integral expression can be written as:

To r ;2 Eq 11
f sinc(— —n)e o' dr =
o T,

s

o No—n 2 o
n . —j kT —jar-kn
f sine(t)e *Mo dr=Tee "M Iy(k, n)

-n

From the above, an analytical expression for the integral can
be derived as:

Iotk, n) = Eq 12

g%jizﬂwi(—jn(é —Dn+ e -Ej(-ja@ - DN -m) + €) -

E(—jrn(d+ Dn+e)+ E{(—jr(d+ )N —n) + €)]

where 8=2k/N and E,'(z) is a modified version of the expo-
nential integral to treat the singularity at z=0 suitably. An
analytical expression for a practical DAC (Zero-order-hold,
followed by a reconstruction filter) can be found similarly.
The equation is divided by T,=N, T, to match the definition
of the continuous time Fourier series coefficient, and the
input/output relationship can be written as:
with

1 (To 2, Eq 13
T_of y(ne ’To ’dz=Zcpqc1DFT(fp(x[n—q]))
0

P

1 i Eq 14
CIDFT(x[n]) = X, = N—Z x[nle "No Ik, n)
0

X = (Folg)x

The second line shows the transform in vector/matrix nota-
tion, where F is an over-complete DFT matrix, [, is a matrix
consisting of the entries [,(k,n), and o is the Hadamard prod-
uct. The result of the CIDFT matches the continuous time
Fourier series coefficients for a hypothetical, periodic signal
consisting of samples x[0], . . ., Xx[Ny—1].

This is similar to the DFT except for the correction matrix
I, and the infinite summation. In various implementations, the
sum can be truncated after a finite amount of guard samples
N, while still ensuring suitable accuracy, so the equation
reduces to Equation 5 (Eq 5). A typical relationship for the
sinc kernel is shown in FIG. 4A for N,=64. N, decreases for
higher N, or practical filters (e.g., Butterworth). For causal
interpolation kernels, only N, preceding samples need to be
included, so no buffering of samples is required. As described
above, the values of (Fol,) would be calculated during prod-
uct development and stored in memory.
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After MT, seconds, the system is solved via LS. Compared
to the implementation of FIG. 2, the ADC sampling rate is
reduced by a factor of N. Denoting the number of parallel
branches by L, the identification time (period necessary to
obtain the M pairs of samples) is increased by a factor of

rop MM Eq 15
= FIG.ZL N

where T is the identification time of FIG. 3, TFIG.2 is the
Identification Time of the example of FIG. 2, M and N are the
numbers of pairs of samples used, L is the number of branches
used in the example of FIG. 3, and No corresponds to the
sampling rate reduction (as f,=f./N,) of the ADC 312.

This equation shows that identification time can be traded
for sub-Nyquist factor N, amount ot hardware L and is set by
the ratio M/N, describing how much fewer measurements are
required relative to the example of FIG. 2. As an example,
FIG. 4B includes a trace 404 for N and a trace 408 for M for
a 46 dBm output power Doherty Power Amplifier with 20
MHz bandwidth and 150 MHz sampling rate. For an accuracy
of -38 dB NMSE (M/N=100/3000), a sub-Nyquist factor
may be N,=100. If L=3 and 3 parallel branches are imple-
mented, the systems can be compared as follows:

FIG. 2 FIG. 3
Sampling rate 2 x 150 MHz 6x 1.5 MHz
Identification time 20 us 22.22 us
Avg accuracy -38dB -38dB

(NMSE)

The number of ADCs is doubled for the example of FIG. 2
because of I/Q modulation. Equivalently, for the example of
FIG. 3, the Fourier coefficients are complex numbers and the
spectrum is non-redundant.

Referring now to FIG. 5, a flowchart depicting an example
method of determining the ¢__ coefficients for the unknown
system 208 is presented. While not shown for purposes of
simplicity, the DAC 204 samples the digital input signal and
outputs the corresponding analog signal to the unknown sys-
tem 208 concurrently with the example of FIG. 5. Control
begins at 504 where the pre-distortion module 320 disables
pre-distortion, and the coefficient determination module 316
sets a counter value X to 1. The counter value X corresponds
to the number of pairs of input and output samples.

At508, the signal generator module 306 sets the k value for
the time-varying periodic signal for the observation period. In
other words, the signal generator module 306 sets the fre-
quency of the time-varying periodic signal for the observation
period (To). The mixer 304 mixes the output of the unknown
system 208 with the time-varying periodic signal during the
observation period to produce the mixed signal.

At 512, the integrator 308 integrates the mixed signal over
the observation period. The ADC 312 converts a sample of the
integrator signal over the observation period to a digital out-
put value at 516. At 520, the correction module 324 deter-
mines a correction for a digital input sample and the obser-
vation period and corrects the digital input sample based on
the correction to produce the corrected digital input sample
for the observation period.

At 524, the coefficient determination module 316 pairs the
corrected digital input sample for the observation period with
the digital output value for the observation period. The coef-
ficient determination module 316 determines whether the
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counter value X is less than the predetermined number of
pairs (M) used to determine the ¢, coefficients at 528. If 528
is true, the coeflicient determination module 316 increments
the counter value X at 532, and control returns to 508 for the
next observation period. If 528 is false, M pairs of corrected
digital input values and the respective digital output values
have been collected. The coefficient determination module
316 determines the c,,, coefficients for the unknown system
208 at 536 based on the M pairs of values, for example, using
least squares. At 540, the pre-distortion module 320 enables
pre-distortion and distorts the digital input signal to the DAC
204 based on the c,,, coefficients. The unknown system 208
(e.g., the power amplifier 116 of FIG. 1) then operates more
accurately.

The foregoing description is merely illustrative in nature
and is in no way intended to limit the disclosure, its applica-
tion, or uses. The broad teachings of the disclosure can be
implemented in a variety of forms. Therefore, while this
disclosure includes particular examples, the true scope of the
disclosure should not be so limited since other modifications
will become apparent upon a study of the drawings, the speci-
fication, and the following claims. As used herein, the phrase
at least one of A, B, and C should be construed to mean a
logical (A OR B OR C), using a non-exclusive logical OR,
and should not be construed to mean “at least one of A, at least
one of B, and at least one of C.”” It should be understood that
one or more steps within a method may be executed in dif-
ferent order (or concurrently) without altering the principles
of the present disclosure.

In this application, including the definitions below, the
term ‘module’ or the term ‘controller’ may be replaced with
the term ‘circuit.” The term ‘module’ may refer to, be part of,
orinclude: an Application Specific Integrated Circuit (ASIC);
a digital, analog, or mixed analog/digital discrete circuit; a
digital, analog, or mixed analog/digital integrated circuit; a
combinational logic circuit; a field programmable gate array
(FPGA); a processor circuit (shared, dedicated, or group) that
executes code; a memory circuit (shared, dedicated, or group)
that stores code executed by the processor circuit; other suit-
able hardware components that provide the described func-
tionality; or a combination of some or all of the above, such as
in a system-on-chip.

The module may include one or more interface circuits. In
some examples, the interface circuits may include wired or
wireless interfaces that are connected to a local area network
(LAN), the Internet, a wide area network (WAN), or combi-
nations thereof. The functionality of any given module of the
present disclosure may be distributed among multiple mod-
ules that are connected via interface circuits. For example,
multiple modules may allow load balancing. In a further
example, a server (also known as remote, or cloud) module
may accomplish some functionality on behalf of a client
module.

The term code, as used above, may include software, firm-
ware, and/or microcode, and may refer to programs, routines,
functions, classes, data structures, and/or objects. The term
shared processor circuit encompasses a single processor cir-
cuit that executes some or all code from multiple modules.
The term group processor circuit encompasses a processor
circuit that, in combination with additional processor circuits,
executes some or all code from one or more modules. Refer-
ences to multiple processor circuits encompass multiple pro-
cessor circuits on discrete dies, multiple processor circuits on
a single die, multiple cores of a single processor circuit,
multiple threads of a single processor circuit, or a combina-
tion of the above. The term shared memory circuit encom-
passes a single memory circuit that stores some or all code
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from multiple modules. The term group memory circuit
encompasses a memory circuit that, in combination with
additional memories, stores some or all code from one or
more modules.

The term memory circuit is a subset of the term computer-
readable medium. The term computer-readable medium, as
used herein, does not encompass transitory electrical or elec-
tromagnetic signals propagating through a medium (such as
on a carrier wave); the term computer-readable, medium may
therefore be considered tangible and non-transitory. Non-
limiting examples of a non-transitory, tangible computer-
readable medium are nonvolatile memory circuits (such as a
flash memory circuit, an erasable programmable read-only
memory circuit, or a mask read-only memory circuit), vola-
tile memory circuits (such as a static random access memory
circuit or a dynamic random access memory circuit), mag-
netic storage media (such as an analog or digital magnetic
tape or a hard disk drive), and optical storage media (such as
a CD, a DVD, or a Blu-ray Disc).

The apparatuses and methods described in this application
may be partially or fully implemented by a special purpose
computer created by configuring a general purpose computer
to execute one or more particular functions embodied in
computer programs. The functional blocks and flowchart ele-
ments described above serve as software specifications,
which can be translated into the computer programs by the
routine work of a skilled technician or programmer.

The computer programs include processor-executable
instructions that are stored on at least one non-transitory,
tangible computer-readable medium. The computer pro-
grams may also include or rely on stored data. The computer
programs may encompass a basic input/output system
(BIOS) that interacts with hardware of the special purpose
computer, device drivers that interact with particular devices
of the special purpose computer, one or more operating sys-
tems, user applications, background services, background
applications, etc.

The computer programs may include: (i) descriptive text to
be parsed, such as HTML (hypertext markup language) or
XML (extensible markup language), (ii) assembly code, (iii)
object code generated from source code by a compiler, (iv)
source code for execution by an interpreter, (v) source code
for compilation and execution by a just-in-time compiler, etc.
As examples only, source code may be written using syntax
from languages including Assembly, C, C++, C#, Objective
C, Haskell, Go, SQL, R, Lisp, Java®, Fortran, Perl, Pascal,
Curl, OCaml, Javascript®, HTMLS, Ada, ASP (active server
pages), PHP, Scala, Eiffel, Smalltalk, Erlang, Ruby, Flash®,
Visual Basic®, Lua, and Python®.

None of the elements recited in the claims are intended to
be a means-plus-function element within the meaning of 35
U.S.C. §112(f) unless an element is expressly recited using
the phrase “means for,” or in the case of a method claim using
the phrases “operation for” or “step for.”

What is claimed is:

1. A characteristic identification system, comprising:

a digital to analog converter (DAC) that samples a first
digital signal at a first predetermined rate to produce first
digital values and that outputs a first analog signal cor-
responding to the first digital values to a system of one or
more components that is to be characterized;

a mixer that receives a second analog signal output by the
system in response to the first analog signal and that
mixes the second analog signal with a periodic signal to
produce a mixed signal;
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an integrator that integrates the mixed signal during suc-
cessive predetermined periods and that generates an
integrator signal based on the integration;

an analog to digital converter (ADC) that samples the inte-
grator signal at a second predetermined rate correspond-
ing to the predetermined periods and that converts the
samples into second digital values, wherein the second
predetermined rate is less than the first predetermined
rate;

a correction module that determines corrections for the
integrator and the DAC and that generates third digital
values based on the first digital values and the correc-
tions, respectively;

a correction determination module that pairs ones of the
third digital values with ones of the second digital val-
ues, respectively, and that determines coefficients for the
system based on the pairs; and

a pre-distortion module that pre-distorts a second digital
signal based on the coefficients for the system to produce
the first digital signal.

2. The characteristic identification system of claim 1
wherein the mixer multiplies the second analog signal with
the periodic signal to produce the mixed signal.

3. The characteristic identification system of claim 1
wherein the correction determination module determines the
coefficients for the system based on the pairs using least
squares (LS).

4. The characteristic identification system of claim 1 fur-
ther comprising a signal generator module that selectively
varies a frequency of the periodic signal.

5. The characteristic identification system of claim 4
wherein the signal generator module varies the frequency of
the periodic signal within each of the predetermined periods.

6. The characteristic identification system of claim 4
wherein the signal generator module varies the frequency of
the periodic signal randomly.

7. The characteristic identification system of claim 4
wherein the signal generator module varies the frequency of
the periodic signal based on the first digital values.

8. The characteristic identification system of claim 1
wherein the system includes a non-linear power amplifier.

9. A wireless transmitter comprising:

the characteristic identification system of claim 1, wherein
the system includes a non-linear power amplifier;

the non-linear power amplifier; and

an antenna,

wherein the non-linear power amplifier amplifies the first
analog signal to produce a third analog signal and
applies the third analog signal to the antenna.

10. The characteristic identification system of claim 1
wherein the correction module determines the corrections for
the integrator and the DAC based on characteristics of the
periodic signal, respectively.

11. A method of characterizing a system of one or more
components, comprising:

using a digital to analog converter (DAC), sampling a first
digital signal at a first predetermined rate to produce first
digital values and outputting a first analog signal corre-
sponding to the first digital values to the system of one or
more components that is to be characterized;

using a mixer, receiving a second analog signal output by
the system in response to the first analog signal and
mixing the second analog signal with a periodic signal to
produce a mixed signal;

integrating the mixed signal during successive predeter-
mined periods and generating an integrator signal based
on the integrating;
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using an analog to digital converter (ADC), sampling the
integrator signal at a second predetermined rate corre-
sponding to the predetermined periods and converting
the samples into second digital values, wherein the sec-
ond predetermined rate is less than the first predeter-
mined rate;
determining corrections for the integrator and the DAC;
generating third digital values based on the first digital
values and the corrections, respectively;
pairing ones of the third digital values with ones of the
second digital values, respectively;
determining coefficients for the system based on the pairs;
and
pre-distorting a second digital signal based on the coeffi-
cients for the system to produce the first digital signal.
12. The method of claim 11 wherein the mixing comprises
multiplying the second analog signal with the periodic signal
to produce the mixed signal.
13. The method of claim 11 wherein determining the coef-
ficients comprises determining the coefficients for the system
based on the pairs using least squares (LS).
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14. The method of claim 11 further comprising selectively
varying a frequency of the periodic signal.

15. The method of claim 14 further comprising varying the
frequency of the periodic signal within each of the predeter-
mined periods.

16. The method of claim 14 further comprising varying the
frequency of the periodic signal randomly.

17. The method of claim 14 further comprising varying the
frequency of the periodic signal based on the first digital
values.

18. The method of claim 11 wherein the system includes a
non-linear power amplifier.

19. The method of claim 11 wherein the system includes a
non-linear power amplifier that amplifies the first analog sig-
nal to produce a third analog signal and applies the third
analog signal to an antenna of a wireless transceiver.

20. The method of claim 11 further comprising determin-
ing the corrections for the integrator and the DAC based on
characteristics of the periodic signal, respectively.
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